This study investigated the effects of simulated cochlear-implant processing on speech reception in a variety of complex masking situations. Speech recognition was measured as a function of target-to-masker ratio, processing condition ͑4, 8, 24 channels, and unprocessed͒ and masker type ͑speech-shaped noise, amplitude-modulated speech-shaped noise, single male talker, and single female talker͒. The results showed that simulated implant processing was more detrimental to speech reception in fluctuating interference than in steady-state noise. Performance in the 24-channel processing condition was substantially poorer than in the unprocessed condition, despite the comparable representation of the spectral envelope. The detrimental effects of simulated implant processing in fluctuating maskers, even with large numbers of channels, may be due to the reduction in the pitch cues used in sound source segregation, which are normally carried by the peripherally resolved low-frequency harmonics and the temporal fine structure. The results suggest that using steady-state noise to test speech intelligibility may underestimate the difficulties experienced by cochlear-implant users in fluctuating acoustic backgrounds.
I. INTRODUCTION
Speech has been shown to be a very robust medium for communicating information ͑Fletcher and Galt, 1950; Miller and Licklider, 1950; Remez et al., 1994; Stevens, 1998͒ . Although the precise mechanisms underlying the apparent resilience to interference and distortion are still not well understood, the ability of speech to convey information under adverse conditions is generally attributed to the layers of acoustic, phonetic, and linguistic redundancies. Shannon et al. ͑1995͒ , using a noise-excited vocoder, 1 provided a dramatic demonstration of these redundancies at work. They found that despite a severe reduction in spectral cues and the elimination of temporal fine-structure information, sentences presented in the absence of interfering sounds could be recognized with as few as four frequency bands. Subsequent studies have shown that while more frequency bands are needed for speech reception in steady-state noise, good sentence recognition is still possible at relatively low signal-tonoise ratios ͑e.g., Dorman et al., 1998͒. The processing schemes used in these studies are designed to simulate the effects of cochlear-implant stimulation ͑Wilson et al., 1991͒. They can therefore be used to provide insights into the relative efficacy of different processing algorithms without using valuable implantee testing time ͑Blamey et al., 1984͒. Indeed, at least for low numbers of frequency bands, acoustic simulations of cochlear-implant processing using normal-hearing listeners have yielded results that are reasonably comparable to those of actual implant patients ͑Friesen et al., 2001; Carlyon et al., 2002͒. An- other use for such schemes is to probe the acoustic features necessary for speech reception in normal-hearing listeners. A number of studies indicate that important information is carried in the envelopes of the stimulus after filtering into frequency sub-bands ͑Houtgast et Drullman, 1995; Smith et al., 2002͒ . From the results obtained so far, it may be concluded that speech reception requires minimal frequency selectivity and no temporal fine-structure information. This conclusion seems at odds with the experiences of many hearing-impaired listeners.
While hearing-impaired listeners often perform well in quiet conditions ͑when audibility is corrected for with amplification͒, many experience great difficulty in noisy conditions. The difference in performance between normal-hearing and hearing-impaired listeners is especially pronounced in temporally fluctuating maskers and maskers with spectral notches ͑Festen and Plomp, 1990; Gustafsson and Arlinger, 1994; Peters et al., 1998͒. In particular, while normalhearing listeners show large improvements in speech reception when spectral and/or temporal fluctuations are introduced into a masker, hearing-impaired listeners often show much less benefit ͑Festen and Plomp, 1990; Peters et al., 1998͒. It is thought that normal-hearing listeners are able to make use of the improved local target-to-masker ratio in the masker's spectral and temporal dips. In contrast, hearingimpaired listeners, with their poorer frequency selectivity ͑Patterson et al., 1982; Glasberg and Moore, 1986͒ and poorer effective temporal resolution ͑Glasberg and Moore, 1992; Oxenham and Moore, 1997͒ , may be less able to benefit from the improved local target-to-masker ratio found in the spectral and temporal dips of the masker.
In the case of cochlear implants and implant simulations, the finding that better frequency resolution ͑i.e., a greater number of frequency bands͒ is required for speech reception in noise than in quiet ͑Dorman et Fu et al., 1998͒ parallels the finding that spectral smearing is more detrimental to speech reception in noise than in quiet ͑ter Keurs et al., 1992; Baer and Moore, 1993͒ . It is also consistent with the hypothesized effect of poorer frequency selectivity in hearing-impaired listeners. The perceptual effect of eliminating the temporal fine structure in cochlear-implant simulations is less clear. Pitch perception and the ability to discriminate different fundamental frequencies (F0s), is thought to rely primarily on fine-structure information, in particular the information carried in peripherally resolved, lower-order harmonics ͑e.g., Plomp, 1967; Houtsma and Smurzynski, 1990; Smith et al., 2002͒ . While the envelopes of implant-processed stimuli carry some periodicity information, the pitch salience associated with such envelope periodicity is rather weak ͑Burns and Viemeister, 1976; 1981; Shackleton and Carlyon, 1994͒. Fundamental frequency information has long been thought to play an important role in perceptually segregating simultaneous and nonsimultaneous sources ͑Brokx and Nooteboom, 1982; Assmann and Summerfield, 1990; Bird and Darwin, 1998; Vliegen and Oxenham, 1999 ; see Darwin and Carlyon, 1995 for a review͒. A reduction in F0 cues produced by cochlear-implant processing may lead to greater difficulties in segregating different sources. If the perception of implant-processed speech is based on envelope fluctuations, as suggested above, then listeners must accurately distinguish the envelope fluctuations of the target from those of the masker. Similarly, a listener can only take advantage of spectral and temporal dips in the masker if the listener can accurately identify the presence of the dips.
The aim of the present study was to investigate the effects of fluctuating maskers on the reception of simulated implant-processed speech. We hypothesized that the reduction in F0 cues produced by the implant simulations would particularly affect conditions where the ability to discriminate the target from the masker is thought to play an important role in determining speech reception thresholds ͑e.g., speech in the presence of competing talkers or fluctuating backgrounds͒. Speech reception was measured in normalhearing listeners as a function of target-to-masker ratio, processing condition ͑4, 8, or 24 channels, or unprocessed͒ and masker type ͑steady-state speech-shaped noise, speechshaped noise modulated with a speech envelope, single male talker, and single female talker͒.
II. METHODS

A. Subjects
Thirty-two normal-hearing listeners ͑15 females͒ with audiometric thresholds of less than 20 dB HL at octave frequencies between 125 and 8000 Hz, participated in this study. Their ages ranged from 18 to 46 ͑median age 22͒. They were all native speakers of American English.
B. Stimuli
All stimuli in this study were composed of a target sentence presented in the presence of a masker. The stimulus tokens were processed prior to each experiment. The targets and maskers were combined at the desired target-to-masker ratios ͑TMRs͒ prior to any processing. TMRs were computed based on the token-length root-mean-square ͑rms͒ amplitudes of the signals. Maskers were gated on and off with 250-ms raised-cosine ramps 250 ms prior to and 250 ms after the end of each target sentence.
The targets were H.I.N.T. sentences ͑Nilsson et al., 1994͒ spoken by a male talker. The H.I.N.T sentence corpus consists of 260 phonetically balanced high-context sentences of easy-to-moderate difficulty. Each sentence is composed of four to seven keywords.
Since differences in the F0 of voicing are thought to contribute to speaker segregation ͑Brokx and Nooteboom, 1982; Assmann and Summerfield, 1990; Darwin and Carlyon, 1995; Bird and Darwin, 1998͒ , we chose a male single-talker masker with a mean F0 (111.4 Hz) similar to that of the target talker ͑110.8 Hz͒ and a female single-talker masker with a mean F0 (129.4 Hz) almost 3 semitones higher. The motivation for using different gender singletalker interferers came from the observation that normalhearing listeners benefit from F0 differences between target and interfering talkers ͑Brokx and Nooteboom, 1982; Assmann and Summerfield, 1990; Bird and Darwin, 1998͒ . Talker F0s were estimated using the YIN program provided by de Cheveigné and Kawahara ͑2002͒. The male single-talker maskers were excerpts from the audio book Timeline ͑novel by M. Crichton͒ read by Stephen Lang. The female single-talker maskers were excerpts from the audio book Violin ͑novel by A. Rice͒ read by Maria Tucci. To avoid long silent intervals in the masking speech, such as sentencelevel pauses, both single-talker maskers were automatically preprocessed to remove silent intervals greater than 100 ms. The maskers were then subdivided into nonoverlapping segments to be presented at each trial.
The single-talker maskers and speech-shaped-noise masker were spectrally shaped to match the long-term power spectrum of the H.I.N.T. sentences. The amplitudemodulated speech-shaped noise masker was generated by amplitude modulating the steady-state speech-shaped noise with the broadband speech envelope of the male single-talker masker ͑lowpass filtered at 50 Hz; first-order Butterworth filter͒.
For a given listener, the target sentence lists were chosen at random, without replacement, from among the 25 lists of H.I.N.T. sentences. This was done to ensure that no target sentence was presented more than once to any given listener. Data were collected using one list ͑i.e., ten sentences͒ for each TMR.
C. Stimulus processing
All stimulus tokens were processed prior to each experiment. The cochlear-implant simulator was implemented using MATLAB ͑Mathworks, Natick, MA͒ in the following manner. The stimuli ͑target plus masker͒ were first bandpass filtered ͑sixth-order Butterworth filters͒ into 4, 8, or 24 contiguous frequency bands ͑or channels͒ between 80 and 6000 Hz. The entire frequency range was divided equally in terms of the Cam scale 2 ͑Glasberg and Moore, 1990͒. The 3-dB channel bandwidths were approximately 6.98 Cams, 3.49 Cams, and 1.16 Cams for the 4-, 8-, and 24-channel conditions, respectively. The envelopes of the signals were extracted by half-wave rectification and lowpass filtering ͑using a second-order Butterworth filter͒ at 300 Hz, or half the bandpass filter bandwidth, whichever was lower. The 300-Hz cutoff frequency was chosen to preserve, as far as possible, F0 cues in the envelope. The envelopes were then used to modulate narrowband noises, filtered by the same bandpass filters that were used to filter the original stimuli. Finally, the modulated narrowband noises were summed and scaled to have the same level as the original stimuli.
D. Procedure
The 32 listeners were divided into four groups of eight. Each group was tested on only one of the four processing conditions ͑i.e., 4, 8, 24 channels, or unprocessed͒. The speech reception of each listener was measured in the presence of all four masker types ͑single male and female talkers, modulated and steady-state speech-shaped noise͒, at six TMRs ͑see Table I͒. The TMRs for each processing condition and masker type were determined in an earlier pilot study, using two to three listeners. The TMRs for each experimental condition were set to avoid floor and ceiling effects in the psychometric function.
The target and masker were combined at the appropriate TMR, processed, and stored on disk prior to the experiments. The processed stimuli were converted to the analog domain using a soundcard ͑LynxStudio, LynxOne͒ at 16-bit resolution with a sampling rate of 22 050 Hz. The stimuli were then passed through a headphone buffer ͑TDT HB6͒ and presented diotically at 60 dB SPL via Sennheiser HD580 headphones to the listener seated in a double-walled soundinsulation booth. Listeners typed their responses into a computer via the keyboard.
For practice, the listeners were presented with 20 stimuli, five from each of the four masking conditions. In each practice masking condition, the target sentences were presented at four different TMRs. The target sentences used in the practice session were from the Harvard-Sentence database ͑IEEE, 1969͒. The practice sessions were designed to acclimate the listeners to the processed stimuli. Feedback was given during the practice sessions, but not during the experimental sessions.
E. Analysis
Listener responses were scored offline by the experimenter. Each listener's responses for a given TMR, under a given masker condition, were grouped together to produce a percent-correct score. Keywords were used to calculate the percent correct. Obvious misspellings of the correct word were considered correct.
III. RESULTS
A. Fits to the psychometric functions
The percent-correct scores as a function of TMR under a given masker condition for each listener were fitted to a twoparameter sigmoid model ͑a cumulative Gaussian function͒ Percent correctϭ 100
where SRT is the speech-reception threshold 3 ͑dB͒, is related to the slope of the function, and TMR is the target-tomasker ratio ͑dB͒. Figure 1 shows sample data from one listener, along with the best-fitting curve ͑heavy͒ according to Eq. ͑1͒. The other, lighter curves in the figure are the fits to the data from the other seven listeners in that experimental condition. The two-parameter model assumes that listeners' peak reception performance is 100%. This assumption may be valid for the 24-and 8-channel conditions, but it is probably not valid for the 4-channel condition. Therefore, the initial model had a third parameter, associated with the peak performance. However, the goodness of fit and the estimated SRTs of the three-parameter model were very similar to those of the two-parameter model, leading us to select the model with fewer parameters.
The two-parameter model provided generally good fits to the curves of performance as a function of TMR. Presented in Table II are the mean values of SRT, , and standard error of fit, averaged across listeners. The standard deviations are shown in parentheses. The individual standard errors of fit 4 had a mean of 7.25% with a standard deviation of 3.7% ͑median of 7.01% and a worst case of 20.93%͒. Combined according to experimental conditions, the average standard errors of fit ͑Table II͒ were generally less than 10%.
B. Speech-reception thresholds
In general, performance across listeners was reasonably consistent, so only the mean SRT values as a function of masker condition and processing condition are plotted in Since an SRT value is the TMR where 50% of the keywords are correctly identified, a higher SRT value implies a condition more detrimental to speech reception. Figure 2 shows that SRT values in all masker conditions were strongly affected by implant processing. As the number of spectral channels decreased, the SRT values under all masker types increased. However, the rate of increase differed between masker types. As the number of spectral channels decreased, SRT values increased faster in the presence of fluctuating maskers than in the presence of steady-state noise, particularly for the single-talker maskers.
A two-way mixed-design analysis of variance ͑ANOVA͒ was performed using STATISTICA ͑StatSoft, Tulsa, OK͒ to determine the statistical significance of the findings, with SRT as the dependent variable, processing condition as the between-subjects factor, and masker type as the withinsubjects factor. The ANOVA indicated that both main factors and their interaction were statistically significant ͑processing condition: F 3,28 ϭ218.1; masker type: F 3,84 ϭ7.5; interaction: F 9,84 ϭ8.7; pϽ0.001 in all cases͒. A post hoc test according to Fisher's LSD ͑alphaϭ0.05͒ indicated several significant differences between the different experimental conditions, as outlined below.
In the unprocessed conditions, the steady-state noise masker was significantly more effective than any of the modulated maskers. However, under implant processing the reverse was true, with the exception of the 24-channel processed modulated speech-shaped noise condition. These differential effects are illustrated in Fig. 3 , which treats the steady-state masker as the baseline condition and plots the differences in SRT values between the steady-state noise and the other maskers as a function of processing condition. Significant differences between SRTs in steady-state noise and those in the other conditions are labeled with asterisks in Fig. 3 .
The single-talker interferers produced significantly higher SRT values than steady-state noise in all processed conditions ͑i.e., 24, 8, and 4 channels͒. In contrast, the modulated noise produced lower SRT values than the steady-state noise in the 24-channel condition, and was not significantly different from the steady-state noise in the 8-and 4-channel conditions. As illustrated in Fig. 2 , in all conditions the transition from unprocessed to 24-channel processing resulted in a large increase in SRT value. This is despite the fact that the 24-channel condition represents frequency resolution approaching that found in normal-hearing listeners. This finding is explored further in Sec. IV C.
There was no significant difference in the SRT values between the male and female single-talker maskers in any processing condition ͑Fig. 2͒. Given our hypothesized effect FIG. 1. An example of the two-parameter sigmoid model fitting procedure. The two-parameter sigmoid model ͑heavy line͒ is fitted to the speech reception performance data of an individual listener ͑open circles͒. The light lines are the functions fitted to the data of the other listeners in the same experimental condition ͑data not shown͒. The speech reception threshold ͑SRT͒ is the target-to-masker ratio ͑TMR͒, where 50% of the words were correctly identified. of F0 differences in source segregation, this may seem unexpected. This finding is explored further in Sec. IV D.
IV. DISCUSSION
A. Single-talker versus steady-state noise interference
Our results in the unprocessed conditions are consistent with previous studies in showing that SRT values are lower for single-talker interferers than for steady-state noise ͑e.g., Festen and Plomp, 1990; Peissig and Kollmeier, 1997; Peters et al., 1998͒ . The improved performance found with singletalker interference, relative to steady-state noise, has been ascribed to listeners' ability to gain information from temporal or spectral minima in the maskers. However, to make use of local masker minima, the listener must have cues to distinguish the target from masker. Voice F0 is a generally accepted segregation cue for normal-hearing listeners ͑Brokx and Nooteboom, 1982; Bird and Darwin, 1998; Freyman et al., 1999; Brungart, 2001͒ . Our hypothesis was that the reduction in F0 cues, produced by simulated cochlearimplant processing, would particularly affect speech reception where the ability to discriminate the target from the masker is thought to play an important role. The results from the processed conditions are consistent with the hypothesis: not only are the benefits of spectral and temporal masker dips eliminated, but the single-talker interferers go from being the least effective maskers in the unprocessed conditions to being the most effective maskers in all the processed conditions ͑see Figs. 2 and 3͒ .
B. Modulated noise versus steady-state noise
If simulated cochlear-implant processing led to a global inability to use temporal minima in fluctuating maskers, the FIG. 2. Speech reception threshold, in terms of targetto-masker ratio, as a function of processing condition in the presence of a male single talker ͑unshaded͒, a female single talker ͑dotted͒, modulated noise ͑grid͒, and steady-state noise ͑solid͒. The plotted values and their respective standard deviations can be found in Table II. FIG. 3. SRT differences between the steady-state noise masker and the male single-talker ͑unshaded͒, female single-talker ͑dotted͒, and modulated-noise ͑grid͒ maskers are shown as a function of processing condition. Masked thresholds significantly different from those in the steady-state noise, according to Fisher's LSD test ͑alphaϭ0.05͒, are labeled by an asterisk. same deterioration in performance would be expected in the modulated-noise masking conditions as was found for the single-talker interferers. In fact, the difference in performance between the modulated-noise and the steady-statenoise conditions remains roughly constant for the unprocessed and 24-channel conditions. Even for 8 and 4 channels, SRT values in the modulated-noise conditions are not significantly higher than in the steady-state noise conditions.
Without F0 cues, listeners may still maintain high levels of speech reception in the presence of interference by utilizing different cues. For example, when speech is presented in the presence of steady-state noise, a listener may be able to use common slowly varying envelope modulation as a cue for segregating the target from the noise, as most slowvarying envelope modulations will belong to the target. In the case of the amplitude-modulated speech-shaped noise masker, the noise is always modulated coherently across frequency. Speech, on the other hand, does not always modulate coherently across all frequencies. Listeners could use the more consistent comodulation of the amplitude-modulated noise as a cue for source segregation. However, to use comodulation as a segregation cue, spectral resolution must be sufficiently fine to distinguish the time-varying spectral changes of the target speech from the comodulated noise masker. This could account for the SRT difference between modulated speech-shaped noise and steady-state noise in the unprocessed and 24-channel processing conditions. If the spectral resolution is too coarse ͑e.g., in the 8-and 4-channel conditions͒ the stimulus representation of target speech will also exhibit very strong comodulation. This may eliminate differences in comodulation as a valid cue for distinguishing between masker and target, and may account for the lack of an SRT difference between the modulated speech-shaped noise and steady-state noise in the 8-and 4-channel processing conditions.
C. Unprocessed versus 24-channel processing
As shown in Fig. 2 , performance with 24-channel processing was considerably worse than with no processing, for all masker types. This may seem surprising, given that the spectral resolution in the 24-channel processing condition was chosen to be similar to that found for normal-hearing listeners, with 3-dB filter bandwidths of 1.16 Cams. In Fig.  4 , the excitation patterns ͑Moore et al., 1997͒ for the vowel /a/ with and without 24-channel processing are plotted. It can be seen that the spectral peaks of the vowel are comparably well represented in both the processed ͑dashed͒ and unprocessed ͑solid͒ conditions. This may suggest that the temporal fine structure, discarded by the processing, while not necessary for speech recognition in quiet, may play an important role in segregating speech from interfering sounds. Similarly, it can be seen from Fig. 4 that the spectral resolution of the first few harmonics ͑below 500 Hz͒ is degraded in the 24-channel processing condition. While that information may not be important for speech reception per se, the first few harmonics carry important information about the stimulus F0. It is therefore possible that the loss of F0 information, due to a reduction in harmonic resolution and/or a loss of temporal fine-structure information, is responsible for the large difference in performance between the unprocessed and 24-channel conditions.
D. Male versus female single-talker interference
As mentioned in Sec. II, the motivation for using different gender single-talker interferers came from the observation that normal-hearing listeners benefit from F0 differences between target and interfering talkers. This benefit generally increases with increases in F0 differences ͑Ass-mann and Summerfield, 1990; Bird and Darwin, 1998͒ . Our finding of no significant difference between the male and female interferers may therefore seem surprising. There are at least three possible explanations for this null effect.
The first possible explanation lies in the instantaneous F0 values. In many past studies of single-talker interference ͑Brokx and Nooteboom, 1982; Assmann and Summerfield, 1990; Bird and Darwin, 1998͒ , the F0s of the targets and maskers were held constant, either through the use of short-duration stimuli or synthesized speech with a fixed F0. In the present study, the single-talker interferers were taken from recorded books, where exaggerated prosody is common. Although the mean F0 of the male single-talker interference ͑111.4 Hz͒ was approximately equal to that of the target ͑110.8 Hz͒, and the mean F0 of the female singletalker interference ͑129.4 Hz͒ was about three semitones higher, the natural variations in F0 were left unaltered. As a result, the F0 differences between the target and singletalker interference were distributed such that the probability 5 of a two-semitone difference in F0 between the target and male single-talker interference was 0.69, and between the target and the female single-talker interference was 0.76. The lack of difference in SRT values between the male and female masker may therefore be due to the large differences in instantaneous F0 between the target and both maskers. However, contrary to the hypothesis, previous studies showed little or no improvements in identification as a result of timevarying F0s, as compared to constant F0s ͑Darwin and Culling, 1990; Summerfield and Culling, 1992; Assmann, 1999͒ . Their findings suggest that the instantaneous difference in F0 between the competing talkers in this study may not be the main factor behind the lack of difference between the two single-talker maskers.
The second possible explanation lies in the atypical F0 range of the female voice used in this experiment. Adult female voices have an average F0 of around 220 Hz ͑Hill-enbrand et al., 1995͒. The finding of no significant difference between the male and female interferers in this study may be due to unusually low mean F0 (129.4 Hz) of the female interferer. The lack of a gender effect in this study may, therefore, not generalize to everyday situations.
The third possible explanation lies in the individual vocal characteristics of the talkers ͑e.g., vocal tract length, accent, speaking style, sentence level stress, etc.͒ The differences in vocal characteristics between the target and interfering talkers may have been sufficiently large to render any further improvement due to mean F0 difference negligible.
E. Importance of frequency selectivity and temporal fine structure: Implications for cochlear implants
Speech is an ecologically important stimulus for humans. If speech reception in quiet can be achieved with minimal spectral resolution and no temporal fine-structure information, then is the exquisite frequency selectivity and sensitivity to fine structure of the human auditory system necessary for speech communication? One important function of frequency selectivity may be found in earlier studies of spectral smearing ͑ter Keurs et al., 1992; Baer and Moore, 1993͒ and of cochlear-implant simulations in steady-state noise ͑Dorman et Fu et al., 1998͒ . From these studies, and from the present study, it can be seen that greater frequency selectivity results in lower signal-to-noise ratios necessary for speech reception. The present results suggest that sensitivity to low-frequency temporal fine structure ͑e.g., Meddis and O'Mard, 1997͒ , or the spectral resolution of the lower harmonics ͑e.g., Terhardt, 1974͒ is critical to good speech reception in complex backgrounds. Performance is greatly affected by simulated implant processing, even with 24-channel resolution. The effect of stimulus processing is especially dramatic for the single-talker interferers, where an SRT benefit with respect to steady-state noise in the unprocessed condition is transformed into a deficit in all processed conditions. We hypothesize that the dramatic deterioration in performance is related to an inability to perceptually segregate the target from the masker, and that successful segregation relies on good frequency selectivity and F0 sensitivity.
The present results have possible implications for cochlear-implant design. As in previous studies ͑Dorman et Fu et al., 1998͒ , the results support separating the spectrum into as many channels as possible, given the technical constraints of ensuring channel independence ͑Friesen et al., 2001͒. However, the results also suggest that simply increasing the number of channels ͑at least to 24͒ may not assist in providing sufficient F0 information to successfully segregate a target from an acoustically complex background. The problem of presenting usable fine-structure information to implant users is current topic of research ͑e.g., Litvak et al., 2001͒ , and the present results provide further support for such endeavors. Finally, the large differences between performance in steady-state noise and performance in fluctuating backgrounds, particularly single-talker interferers, suggest that testing cochlear-implant patients in steadystate noise alone may underestimate the difficulties faced by such listeners in everyday acoustic environments.
V. SUMMARY
͑1͒ Simulated cochlear-implant processing leads to a large deterioration in speech reception in the presence of a masker, even when the spectral resolution approaches that of normal hearing.
͑2͒ Under simulated implant processing, single-talker interference is more detrimental to speech reception than steadystate noise. This is the converse of the situation found without processing, and it highlights the potential importance of frequency selectivity and temporal fine-structure information in segregating complex acoustic sources.
͑3͒
In the presence of steady-state noise, the amplitude modulations associated with the target speech may provide useful source segregation cues, even under stimulated implant processing, provided that the spectral resolution is sufficiently fine.
͑4͒ Using steady-state noise to test speech intelligibility may underestimate the difficulties experienced by cochlearimplant patients in everyday acoustic backgrounds.
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The probability of a two-semitone difference in F0 was computed by integrating the F0 joint probability distribution function of the target and male or female single-talker interference.
